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(54) Speech transcoding method and apparatus 



(57) A first CN code (silence code) obtained by en- 
coding a silence signal, which is contained in an input 
signal, by a silence compression function of a first 
speech encoding scheme is transcoded to a second CN 
code of a second speech encoding scheme without de- 
coding the first CN code to a CN signal. For example, 



the first CN code is demultiplexed into a plurality of first 
element codes by a code demultiplexer, the first element 
codes are each transcoded to a plurality of second ele- 
ment codes that constitute the second CN code, and the 
second element codes obtained by this transcoding are 
multiplexed to output the second CN code. 
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Description 

BACKGROUND OF THE INVENTION 

5 [0001] This Invention relates to a speech transcoding method and apparatus. More particularly, the invention relates 
to a speech transcoding method and apparatus for transcoding speech code, which has been encoded by a speech 
code encoding apparatus used in a network such as the Internet or by a speech encoding apparatus used in a mobile/ 
cellular telephone system, to speech code of another encoding scheme. 

[0002] There has been an explosive increase in subscribers to cellular telephones in recent years and it is predicted 
10 that the number of such users will continue to grow in the future. Speech communication using the Internet (Speech 
over IP, or VOIP) is coming into increasingly greater use in intracorporate networks (intranets) and for the provision of 
long-distance telephone service. In such speech communication systems, use is made of speech encoding technology 
for compressing speech in order to utilize the communication channel effectively. The speech encoding scheme used, 
however, differs from system to system. For example, with regard to W-CDMA expected to be employed in the next 
15 generation of cellular telephone systems, AMR (Adaptive Multi-Rate) has been adopted as the common global speech 
encoding scheme. With VoIP, on the other hand, a scheme compliant with ITU-T Recommendation G.729A is being 
used widely as the speech encoding method. 

[0003] It is believed that the growing popularity of the Internet and cellular telephones will be accompanied in the 
future by an increase in traffic involving speech communication by Internet and cellular telephone users. However, 
20 since the speech encoding schemes for cellular telephone networks differfrom those of networks such as the Internet, 
as mentioned above, communication between networks cannot proceed without making transcoding. In the prior art, 
therefore, it is necessary to transcode speech code encoded by one network to speech code according to a speech 
encoding scheme used in another network by employing a speech transcoder. 

25 -Speech transcoding 

[0004] Fig. 1 5 illustrates the principle of a typical speech transcoding method according to the prior art. This method 
shall be referred to below as "prior art 1 ". In Fig. 15, only a case where speech input to a terminal 1 by user A is sent 
to a terminal 2 of user B will be considered. It is assumed here that the terminal 1 possessed by user A has only an 

so encoder 1 a of an encoding scheme 1 and that the terminal 2 of user B has only a decoder 2a of an encoding scheme 2. 
[0005] Speech that has been produced by user A on the transmitting side is input to the encoder 1 a of encoding 
scheme 1 incorporated in terminal 1 . The encoder t a encodes the input speech signal to a speech code of the encoding 
scheme 1 and outputs this code to a transmission line 1b. When the speech code of encoding scheme 1 enters via 
the transmission line 1b, a decoder 3a of the speech transcoder 3 decodes the speech code of encoding scheme 1 to 

35 decodi ng speech . An encoder 3b of the speech transcoder 3 then encodes the decoding speech signal to speech code 
of encoding scheme 2 and sends this speech code to a transmission line 2b. The speech code of encoding scheme 2 
is input to the terminal 2 through the transmission line 2b. Upon receiving the speech code of encoding scheme 2 as 
an input, the decoder 2a decodes the speech code of the encoding scheme 2 to decoding speech. As a result, the 
user B on the receiving side is capable of hearing decoding speech. Processing for decoding speech that has once 

40 been encoded and then re-encoding the decoded speech is referred to as "tandem connection". 

[0006] In the composition of prior art 1 , use is made of the tandem connection in which speech code that has been 
encoded by speech encoding scheme 1 is decoded to decoding speech, after which encoding is performed again by 
speech encoding scheme 2. As a consequence, a problem which arises is a marked decline in the quality of decoding 
speech and an increase in delay. 

45 [0007] An example of a method of solving this problem of the tandem connection has been proposed (see the spec- 
ification of Japanese Patent Application No. 2001-75427). The proposed method decomposes speech code into pa- 
rameter code such as LSP code and pitch-lag code and converts each parameter code separately to code of another 
speech encoding scheme without restoring speech code to a speech signal. The principle of this method is illustrated 
in Fig. 1 6. This method shall be referred to below as "prior art 2". 

50 [0008] Encoder 1 a of encoding scheme 1 encodes a speech signal produced by user A -to a speech code of encoding 
scheme 1 and sends this speech code to transmission line 1b. A speech transcoding unit 4 transcodes the speech 
code of encoding scheme 1 that has entered from the transmission line 1b to a speech code of encoding scheme 2 
and sends this speech code to transmission line 2b. Decoder 2a in terminal 2 decodes decoding speech from the 
speech code of encoding scheme 2 that enters via the transmission line 2b, and user B is capable of hearing decoding 

55 speech. 

[0009] The encoding scheme 1 encodes a speech signal by© a first LSP code obtained by quantizing LSP param- 
eters found from linear prediction coefficients (LPC coefficients) obtained by frame-by-frame linear prediction analysis; 
® a first pitch-lag code, which specifies the output signal of an adaptive codebook that is for outputting a periodic 
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speech-source signal;® a first algebraic code (noise code), which specifies the output signal of an algebraic codebook 
(or noise codebook) that is for outputting a noisy speech-source signal; and® a first gain code obtained by quantizing 
pitch gain, which represents the amplitude of the output signal of the adaptive codebook, and algebraic gain, which 
represents the amplitude of the output signal of the algebraic codebook. The encoding scheme 2 encodes a speech 
5 signal by© a second LPC code,® a second pitch-lag code, ® a second algebraic code (noise code) and® a 
second gain code, which are obtained by quantization in accordance with a quantization method different from that of 
the encoding scheme 1 . 

[0010] The speech transcoding unit 4 has a code demultiplexer 4a, an LSP code converter 4b, a pitch-lag code 
converter 4c, an algebraic code converter 4d, a gain code converter 4e and a code multiplexer 4f. The code demulti- 

10 plexer 4a demultiplexes the speech code of the encoding scheme 1 , which code enters from the encoder 1 a of terminal 
1 via the transmission line 1b, into codes of a plurality of components necessary to reconstruct a speech signal, namely 
<3) LSP code s ® pitch-lag code,® algebraic code and® gain code. These codes are input to the code converters 
4b, 4c, 4d and 4e, respectively. The latter transcode the entered LSP code, pitch-lag code, algebraic code and gain 
code of the encoding scheme 1 to LSP code, pitch-lag code, algebraic code and gain code of the encoding scheme 

15 2, respectively, and the code multiplexer 4f multiplexes these codes of the encoding scheme 2 and sends the multi- 
plexed signal to the transmission line 2b. 

[0011] Fig. 17 is a block diagram illustrating the speech transcoding unit in which the construction of the code con- 
verters 4b to 4e is clarified. Components in Fig. 1 7 identical with those shown in Fig. 1 6 are designated by like reference 
characters. The code demultiplexer 4a demultiplexes an LSP code 1, a pitch-lag code 1, an algebraic code 1 and a 
20 gain code 1 from the speech code based upon encoding scheme 1 that enters from the transmission line via an input 
terminal #1 , and inputs these codes to the code converters 4b, 4c, 4d and 4e, respectively. 

[0012] The LSP code converter 4b has an LSP dequantizer4b 1 for dequantizingthe LSP code 1 of encoding scheme 
1 and outputting an LSP dequantized value, and an LSP quantizer 4b 2 for quantizing the LSP dequantized value using 
an LSP quantization table according to encoding scheme 2 and outputting an LSP code 2. The pitch-lag code converter 

25 4c has a pitch-lag dequantizer 4c 1 for dequantizing the pitch-lag code 1 of encoding scheme 1 and outputting a pitch- 
lag dequantized value, and a pitch-lag quantizer 4c 2 for quantizing the pitch-lag dequantized value using a pitch-lag 
quantization table according to the encoding scheme 2 and outputting a pitch-lag code 2. The algebraic code converter 
4d has an algebraic code dequantizer 4d 1 for dequantizing the algebraic code 1 of encoding scheme 1 and outputting 
an algebraic-code dequantized value, and an algebraic code quantizer 4d 2 for quantizing the algebraic-code dequan- 

30 tized value using an algebraic code quantization table according to the encoding scheme 2 and outputting an algebraic 
code 2. The gain code converter 4e has a gain dequantizer 4e 1 for dequantizingthe gain code 1 of encoding scheme 
1 and outputting a gain dequantized value, and a gain quantizer 4e 2 for quantizing the gain dequantized value using 
a gain quantization table according to encoding scheme 2 and outputting a gain code 2. 

[0013] The code multiplexer 4f multiplexes the LSP code 2, pitch-lag code 2, algebraic code 2 and gain code 2, 
35 which are output from the quantizers 4b 2 , 4c 2 , 4d 2 and 4e 2 , respectively, thereby creating a speech code based upon 
encoding scheme 2, and sends this speech code to the transmission line from an output terminal #2. 
[0014] In the tandem connection scheme (prior art 1) illustrated in Fig. 15, the input is decoding speech that is 
obtained by decoding, into speech, a speech code that has been encoded according to encoding scheme 1, the de- 
coding speech is encoded again and then is decoded. As a consequence, since speech parameters are extracted from 
40 decoding speech in which the amount of information has been reduced greatly in comparison with the original input 
speech signal to re-encoding (i.e., speech-information compression), the speech code obtained thereby is not neces- 
sarily the optimum speech code. By contrast, in accordance with the transcoding apparatus according to prior art 2 
shown in Fig. 16, the speech code of encoding scheme 1 is transcoded to the speech code of encoding scheme 2 via 
the process of dequantization and quantization. As a result, it is possible to carry out speech transcoding with much 
45 less degradation in comparison with the tandem connection of prior art 1. An additional advantage is that since it is 
unnecessary to effect decoding into speech even once in order to perform the speech transcoding, there is little of the 
delay that is a problem with the conventional tandem connection. 

•Silence compression 

50 

[001 5] An actual speech communication system generally has a silence compression function for providing a further 
improvement in the efficiency of information transmission by making effective use of silence segments contained in 
speech. Fig. 1 8 is a conceptual view of a silence compression function. Human conversation includes silence segments 
such as quiet intervals or background- noise intervals that reside between speech activity segments. Transmitting 
55 speech information over silence segments is unnecessary, making it possible to utilize the communication channel 
effectively. This is the basic approach taken in silence compression. However, when a segment between speech activity 
intervals reconstructed on the receiving side becomes completely silent, an acoustically unnatural sensation is pro- 
duced. Ordinarily, therefore, natural noise (so-called "comfort noise") that will not give rise to an acoustically unnatural 
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sensation is generated on the receiving side. In order to generate comfort noise that resembles an input signal, it is 
necessary to send comfort-noise information (referred to below as "CN information") from the transmitting side. How- 
ever, the quantity of information in CN information is small in comparison with speech. Moreover, since the nature of 
silence segments varies only gradually, CN information need not be transmitted at al( times. Since this makes it possible 

s to greatly reduce the quantity of transmitted information in comparison with the information in speech activity segments, 
the overall transmission efficiency of the communication channel can be improved. Such a silence compression function 
is implemented by a VAD (Speech Activity Detection) unit for detecting speech activity and silence segments, a DTX ) 
(Discontinuous Transmission) unit for controlling the generation and transmission of CN information on the transmitting 
side, and a CNG (Comfort Noise Generator) for generating comfort noise on the receiving side. 

10 [0016] The principle of operation of the silence compression function will now be described with reference to Fig. 19. 

[0017] On the transmitting side, an input signal that has been divided up into fixed-length frames (e.g., 80 sample/ j 
10ms) is applied to a VAD 5a, which detects speech activity segments. The VAD 5a outputs a decision signal vad_flag, 
which is logical "1 " when a speech activity segment is detected and logical "0" when a silence segment is detected. In * j 

case of a speech activity segment (vad_flag=1 ), switches SW1 to SW4 are all switched over to a speech side so that 

15 a speech encoder 5b on the transmitting side and a speech decoder 6a on the receiving side respectively encode and 

decode the speech signal in accordance with an ordinary speech encoding scheme (e.g., G.729A or AMR). In case of * 

a silence segment (vad_flag=0), on the other hand, switches SW1 to SW4- are all switched over to a silence side so 

that a silence encoder 5c on the transmitting side executes silence-signal encoding processing, i.e., control for gen- ;< 

erating and transmitting CN information, under the control of a DTX unit (not shown), and so that a silence decoder 6b s 

20 on the receiving side executes decoding processing, i.e., generates comfort noise, under the control of a CNG unit 
(not shown). 

[0018] The operation of the silence encoder 5c and silence decoder 6b will be described next. Fig. 20 is a block 

diagram of this encoder and decoder, and Figs. 21 A, 21 B are flowcharts of processing executed by the silence encoder S 

5c and silence decoder 6b, respectively. 

25 [0019] A CN information generator 7a analyzes the input signal frame by frame and calculates a CN parameter for \ 
generation of comfort noise in a CNG unit 8a on the receiving side(step S 1 01 ) . Usually, approximate shape information 
of the frequency characteristic and amplitude information are used as CN parameters. A DTX controller 7b controls a 
switch 7c so as to control, frame by frame, whether the obtained CN information is or is not to be transmitted to the 
receiving side (S102). Methods of control include a method of exercising control adaptively in accordance with the \ 

30 nature of a signal and a method of exercising control periodically, i.e., at regular intervals. If transmission of the CN 
information is necessary ("YES" at step S102) the CN parameter is input to a CN quantizer 7d, which quantizes the 
CN parameter, generates CN code (S103) and transmits the code to the receiving side as channel data (S104). A ] 
frame in which CN information is transmitted shall be referred to as an "SID (Silence Insertion Descriptor) frame" below. 
Frames other than these frames are frames ("non-transmit frames") in which CN information is not transmitted. If a 

35 "NO" decision is rendered at step S1 02, nothing is transmitted in the other frames (S1 05). 

[0020] The CNG unit 8a on the receiving side generates comfort noise based upon the transmitted CN code. More 

specifically, the CN code transmitted from the transmitting side is input to a CN dequantizer 8b, which dequantizes this ; 

CN code to obtain the CN parameter (S1 1 1 ). The CNG unit 8a then uses this CN parameter to generate comfort noise 

(S112). In the case of a non-transmit frame, namely a frame in which a CN parameter does not arrive, comfort noise 

40 is generated using the CN parameter that was received last (S113). , 

[0021] Thus, in an actual speech communication system, a silence segment in a conversation is discriminated and 
information for generating acoustically natural noise on the receiving side is transmitted intermittently in this silence 
segment, thereby making it possible to further improve transmission efficiency. A silence compression function of this 
kind is adopted in the next- generation cellular telephone network and VoIP network mentioned earlier in which schemes 

45 that differ depending upon the system are employed. 

[0022] The silence compression functions used in G.729A (VoIP) and AMR (next-generation mobile telephone), 
which are typical encoding schemes, will now be described. 



TABLE 1 : 



50 


COMPARISON OF G.729A AND AMR SILENCE COMPRESSION FUNCTIONS 






G.729A 


AMR 




PROCESSED FRAME LENGTH 


10 ms (80 SAMPLES) 


20 ms (160 SAMPLES) 


55 


TRANSMITTED CN INFORMATION 


LPC COEFFICIENTS 
FRAME SIGNAL 
POWER 


LPC COEFFICIENTS 
FRAME SIGNAL POWER 
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TABLE 1: 


(continued) 






COMPARISON OF G.729A AND AMR SILENCE COMPRESSION FUNCTIONS 






G.729A 


AMR 


5 
10 


METHOD OF 
GENERATING CN 
INFORMATION 


LPC INFORMATION 


AVERAGE LPC 
COEFFICIENT OVER 
LAST 6 FRAMES OR 
LPC COEFFICIENT OF 
PRESENT FRAME 


AVERAGE LPC 
COEFFICIENT OVER 
LAST 8 FRAMES 
(CALCULATED IN LSP 
DOMAIN) 


15 




FRAME SIGNAL POWER 

I M PH PM ATI ON 


AVERAGE 

I n^ARITHMIC PHWPR 
i— v_> \j f-\ ii I i niviiv-» rvjvvcn 

OVER LAST 0 - 3 
FRAMES (LSP 
RESIDUAL-SIGNAL 
DOMAIN) 


AVERAGE LOGARITHMIC 

POWFR OVFR 1 A^T ft 
r uwvnn v^vcn Lno i o 

FRAMES (INPUT SIGNAL 
DOMAIN) 


20 


BIT ASSIGNMENT OF 
CN CODE 


LPC INFORMATION 


10 BITS 

(QUANTIZATION IN LSP 
DOMAIN) 


29 BITS (QUANTIZATION 
IN LSP DOMAIN) 




FRAME SIGNAL POWER 


5 BITS 


6 BITS 






TOTAL 


15 BITS 


35 BITS 


25 


DTX CONTROL METHOD 


-ADAPTIVE CONTROL 
(TRANSMISSION AT 
IRREGULAR 
INTERVALS IN 
ACCORDANCE WITH 
SILENCE SIGNAL) 


-FIXED CONTROL 
(TRANSMISSION 
PERIODICALLY EVERY 8 
FRAMES) 

•HANGOVER CONTROL 


30 


LPC coefficients (linear prediction coefficients) 



and frame signal power are used as CN information in both G.729A and AMR. An LPC coefficient is a parameter that 
represents the approximate shape of the frequency characteristic of the input signal, and frame signal power is a 
parameter that represents the amplitude characteristic of the input signal. These parameters are obtained by analyzing 
the input signal frame by frame. A method of generating the CN information in G.729A and AMR will be described. 
[0023] In G.729A, the LPC information is found as an average value of LPC coefficients over the last six frames 
inclusive of the present frame. The average value obtained or the LPC coefficient of the present frame is eventually 
used as the CN information taking account signal fluctuation in the vicinity of the SID frame. The decision as to which 
should be chosen is made by measuring distortion between the average LPC and the present LPC coefficient. If signal 
fluctuation (a large distortion) has been determined, the LPC coefficient of the present frame is used. The frame power 
information is found as a value obtained by averaging logarithmic power of an LPC prediction residual signal over 0 
to 3 frames inclusive of the present frame. Here the LPC prediction residual signal is a signal obtained by passing the 
input signal through an LPC inversion filter frame by frame. 

[0024] In AMR, the LPC information is found as an average value of LPC coefficients over the last eight frames 
inclusive of the present frame. The calculation of the average value is performed in a domain in which LPC coefficients 
have been converted to LSP parameters. Here LSP is a parameter of a frequency domain in which cross conversion 
with an LPC coefficient is possible. The frame-signal power information is found as a value obtained by averaging 
logarithmic power of the input signal over the last eight frames (inclusive of the present frame). 
[0025] Thus, LPC information and frame-signal power information is used as the CN information in both the G.729A 
and AMR schemes, though the methods of generation (calculation) differ. 

[0026] The CN information is quantized to CN code and the CN code is transmitted to a decoder. The bit assignment 
of the CN code in the G.729A and AMR schemes is indicated in Table 1 . In G.729A, the LPC information is quantized 
at 10 bits and the frame power information is quantized at five bits. In the AMR scheme, on the other hand, the LPC 
information is quantized at 29 bits and the frame power information is quantized at six bits. Here the LPC information 
is converted to an LSP parameter and quantized. Thus, bit assignment for quantization in the G.729A scheme differs 
from that in the AMR scheme. Figs. 22A and 22B are diagrams illustrating the structure of silence code (CN code) in 
the G.729A and AMR schemes, respectively. 
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[0027] In G.729A, the size of silence code is 15 bits, as shown in Fig. 22A : and is composed of LSP code l_LSPg 
(10 bits) and power code l_POWg (5 bits). Each code is constituted by an index (element number) of a codebook 
possessed by a G.729A quantizer. The details are as follows: (1) The LSP code M_SPg is composed of codes L G1 (1 
bit), L<32 (5 bits) and L G3 (4 bits), in which L G1 is prediction -coefficient changeover information of an LSP quantizer, 
5 and Lq2> l g3 are indices of codebooks CB G1 , CB G2 of the LSP quantizer, and (2) the power code LPOWg is an index 
of a codebook CB G3 of a power quantizer. 

[0028] In the AMR scheme, the size of silence code is 35 bits, as shown in Fig. 22B, and is composed of LSP code 
l_LSPa (29 bits) and power code l_POWa (6 bits). The details are as follows: (1) The LSP code l_LSPa is composed 
of codes L A1 (3 bits), L A2 (8 bits), L A3 (9 bits) and L A4 (9 bits), in which the codes are indices of codebooks GB At , GB^, 
10 GB A3 , GB A4 of an LSP quantizer, and (2) the power code l_POWa is an index of a codebook GB A5 of a power quantizer. 

♦DTX control 

[0029] A DTX control method will be described next. Fig. 23 illustrates the temporal flow of DTX control in G.729A, 

15 and Figs. 24, 25 illustrate the temporal flow of DTX control in AMR. 

[0030] When a VAD unit detects a change from a speech activity segment (VAD_flag=1) to a silence segment 
(VAD_flag=0) in the G.729A scheme, the first frame in the silence segment is set as an SID frame. The SID frame is 
created by generation of CN information and quantization of CN information by the above-described method and is 
transmitted to the receiving side, in the silence segment, signal fluctuation is observed frame by frame, only a frame 

20 in which fluctuation has been detected is set as an SID frame and CN information is transmitted again in the SID frame. 
A frame for which fluctuation has not been detected is set as a non-transmit frame and no information is transmitted 
in this frame. A limitation is imposed according to which at least two non-transmit frames are included between SID 
frames. Fluctuation is detected by measuring the amount of change in CN information between the present frame and 
the SID frame transmitted last. In the G.729A scheme, as mentioned above, the setting of an SID frame is performed 

25 adaptiveiy with respect to a fluctuation in the silence signal. 

[0031] DTX control in the AMR scheme will be described with reference to Figs. 24 and 25. In the AMR scheme, the 
method of setting SID frames is such that basically an SID frame is set periodically every eight frames, as shown in 
Fig. 24, unlike the adaptive control method in the G.729A scheme. However, hangover control is carried out, as shown 
in Fig. 25, at a point where there is a change to a silence segment following a long speech activity segment. More 

30 specifically, seven frames following the point of change are set as a speech activity segment regardless of the change 
to the silence segment (VAD_flag=0), and the usual speech encoding processing is executed with regard to these 
frames. This interval of seven frames is referred to as "hangover". Hangover is set in a case where the number of 
frames (P-FRM) that follow the SID frame that was set last is 23 frames or greater. As a result of setting hangover, CN 
information at the point of change (the point at which the silence segment starts) is prevented from being found from 

35 a characteristic parameter of the speech activity segment (the last eight frames), enabling speech quality at the point 
of change from speech activity to silence to be improved. 

[0032] The eighth frame is then set as the first SID frame (SID_FlRST frame). In the SID-FIRST frame, however, 
CN information is not transmitted. The reason for this is that the CN information can be generated from a decoded 
signal in the hangover interval by a decoder on the receiving side. The third frame after the S I D__ FIR ST frame is set 
40 as an SID_UPDATE frame and here CN information is transmitted for the first time. In the silence segment from this 
point onward, a SID_UPDATE frame is set every eight frames. The SIDJJPDATE frame is created by the above- 
described method and is transmitted to the receiving side. Frames other than these are set as non-transmit frames 
and CN information is not transmitted in these non-transmit frames. 

[0033] In a case where the number of frames that follow the SID frame that was set last is less than 23 frames, as 
45 shown in Fig. 24, hangover control is not carried out. In this case, the frame at the point of change (the first frame of 
the silence segment) is set as SID_UPDATE. However, CN information is not calculated and the CN information trans- 
mitted last is transmitted again in this frame. As described above, DTX control in the AMR scheme transmits CN 
information under fixed control without performing adaptive control of the G.729Atype, and therefore hangover control 
is exercised as appropriate taking into consideration the point which the change from speech activity to silence occurs. 
so [0034] As described above, the basic theory of the silence compression function according to the G.729A scheme 
is the same as that of the AMR scheme but the generation and quantization of CN information, and DTX control method 
differ between the two schemes. 

[0035] Fig. 26 is a block diagram for a case where each of the communication systems has the silence compression 
function according to prior art 1 . In the case of the tandem connection, the structure is such that speech code according 
55 to encoding scheme 1 is decoded to a decoding signal and the decoding signal is encoded again in accordance with 
encoding scheme 2, as described above. In a case where each system has the silence compression function, as shown 
in Fig. 26, a VAD unit 3c in the speech transcoder 3 renders a speech activity / silence segment decision with regard 
to the decoding signal obtained by encoding/decoding (information compression) performed according to encoding 
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scheme 1 . As a consequence, there are instances where the precision of the speech activity /silence segment decision 
by the VAD unit 3c declines and problems arise such as muted speech at the beginning of an utterance, which is 
caused by an erroneous decision. The end result is a decline in speech quality. Though a conceivable countermeasure 
is to process all segments as speech activity segments in encoding scheme 2, this approach will not allow optimum 
5 silence compression to be performed and the originally intended effect of improving transmission efficiency by silence 
compression will be lost. Furthermore, in a silence segment, CN information according to encoding scheme 2 is obtained 
from comfort noise generated by the decoder 3a of encoding scheme 1, and this is not necessarily the best CN infor- 
mation for generating noise that resembles the input signal. 

[0036] Further, though prior art 2 is a speech transcoding method that is superior to prior art 1 (the tandem connection) 
10 in terms of diminished degradation of speech quality and transmission delay, a problem with this scheme is that it does 
not take the silence compression function into consideration. In other words, since prior art 2 assumes that information 
is information obtained by encoding entered speech code as a speech activity segment at all times, a normal trans- 
coding operation cannot be carried out when an SID frame or non-transmit frame is generated by the silence compres- 
sion function. 
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SUMMARY OF THE INVENTION 



[0037] Accordingly, an object of the present invention, which concerns communication between two speech com- 
munication systems having silence encoding methods that differ from each other, is to transcode CN code, which has 
20 been obtained by encoding according to a silence encoding method on the transmitting side, to CN code that conforms 
to a silence encoding method on the receiving side without decoding the CN code to a CN signal. 
[0038] Another object of the present invention is to transcode CN code on the transmitting side to CN code on the 
receiving side taking into account differences in frame length and in DTX control between the transmitting and receiving 
sides. 

25 [0039] A further object of the present invention is to achieve high-quality silence-transcoding and speech transcoding 
in communication between two speech communication systems having silence compression functions that differ from 
each other. 

[0040] According to a first aspect of the present invention, a first silence code obtained by encoding a silence signal, 
which is contained in an input signal, by a silence compression function of a first speech encoding scheme is converted 

30 to a second silence code of a second speech encoding scheme without first decoding the first silence code to a silence 
signal. For example, first silence code is demultiplexed into a plurality of first element codes, the plurality of first element 
codes are converted to a plurality of second element codes that constitute second silence code, and the plurality of 
second element codes obtained by this conversion are multiplexed to output the second silence code. 
[0041] In accordance with the first aspect of the present invention, in communication between two speech commu- 

35 nication systems having silence compression functions that differ from each other, silence code (CN code) obtained 
by encoding performed according to the silence encoding method on the transmitting side can be transcoded to silence 
code (CN code) that conforms to a silence encoding method on the receiving side without the CN code being decoded 
to a CN signal. 

[0042] According to a second aspect of the present invention, silence code is transmitted only in a prescribed frame 
40 (a silence frame) of a silence segment, silence code is not transmitted in other frames (non-transmit frames) of the 
silence segment, and frame-type information, which indicates the distinction among a speech activity frame, a silence 
frame and a non-transmit frame, is appended to code information on a per-frame basis. When silence code is trans- 
coded, the type of frame of the code is identified based upon the frame-type information. In case of a silence frame 
and non-transmit frame, first silence code is transcoded to second silence code taking into consideration a difference 
45 in frame length and a dissimilarity in silence-code transmission control between first and second silence encoding 
schemes. 

[0043] For example, when (1) the first silence encoding scheme is a scheme in which averaged silence code is 
transmitted every predetermined number of frames in a silence segment and silence code is not transmitted in other 
frames in the silence segment, (2) the second silence encoding scheme is a scheme in which silence code is transmitted 

50 only in frames wherein the rate of change of a silence signal in a silence segment is large, siTence code is not transmitted 
in other frames in the silence segment and, moreover, silence code is not transmitted successively, and (3) frame 
length in the first silence encoding scheme is twice frame length in the second silence encoding scheme, (a) code 
information of a non-transmit frame in the first silence encoding scheme is converted to code information of two non- 
transmit frames in the second silence encoding scheme, and (b) code information of a silence frame in the first silence 

55 encoding scheme is converted to two frames of code information of a silence frame and code information of a non- 
transmit frame in the second silence encoding scheme. 

[0044] Further, if, when there is a change from a speech activity segment to a silence segment, the first silence 
encoding scheme regards n successive frames, inclusive of a frame at a point where the change occurred, as speech 
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activity frames and transmits speech code in these n successive frames, and adopts the next frame as an initial silence 
frame, which is not inclusive of silence code, and transmits frame-type information in this next frame, then (a) when 
the initial silence frame in the first silence encoding scheme has been detected, dequantized values obtained by de- 
quantizing speech code of the immediately preceding n speech activity frames in the first speech encoding scheme 
5 are averaged to obtain an average value, and (b) the average value is quantized to thereby obtain silence code in a 
silence frame of the second silence encoding scheme. 

[0045] In another example, (1) the first silence encoding scheme is a scheme in which silence code is transmitted 
only in frames wherein the rate of change of a silence signal in a silence segment is large, silence code is not transmitted 
in other frames in the silence segment and, moreover, silence code is not transmitted successively, (2) the second 

10 silence encoding scheme is a scheme in which averaged silence code is transmitted every predetermined number N 
of frames in a silence segment and silence code is not transmitted in other frames in the silence segment, and (3) 
frame length in the first silence encoding scheme is half frame length in the second silence encoding scheme, (a) 
dequantized values of each silence code in 2 x N successive frames of the first silence encoding scheme are averaged ^ 
to obtain an average value and the average value is quantized to effect a transcoding to silence code of each frame 

15 every N frames in the second silence encoding scheme, and (b) with regard to frames other than the every N frames, 

code of two successive frames of the first silence encoding scheme is transcoded to code of one non-transmit frame w 
of the second silence encoding scheme irrespective of frame type. 

[0046] Further, if, when there is a change from a speech activity segment to a silence segment, the second silence 
encoding scheme regards n successive frames, inclusive of a frame at a point where the change occurred, as speech 

20 activity frames and transmits speech code in these n successive frames, and adopts the next frame as an initial silence 
frame, which is not inclusive of silence code, and transmits only frame-type information in this next frame, then (a) 
silence code of a first silence frame is dequantized to generate dequantized values of a plurality of element codes and, 
at the same time, dequantized values of other element codes which is predetermined or random are generated, (b) 
dequantized values of each of the element codes of two successive frames are quantized using quantization tables of 

25 the second speech encoding scheme, thereby effecting a conversion to one frame of speech code of the second speech 
encoding scheme, and (c) after n frames of speech code of the second speech encoding scheme are output, only 
frame-type information of the initial silence frame, which is not inclusive of silence code, is transmitted. 
[0047] In accordance with the second aspect of the present invention, silence code (CN code) on the transmitting 
side can be transcoded to silence code (CN code) on the receiving side, without execution of decoding into a silence 

30 signal, taking into consideration a difference in frame length and a dissimilarity in silence-code transmission control 
between the transmitting and receiving sides. 

[0048] Other features and advantages of the present invention will be apparent from the following description taken 
in conjunction with the accompanying drawings. 

35 BRIEF DESCRIPTION OF THE DRAWINGS 

[0049] 

Fig. 1 is a block diagram useful in describing the principle of the present invention; 
40 Fig. 2 is a block diagram of a first embodiment of silence-transcoding according to the present invention; 

Fig. 3 illustrates frames processed according to the G.729A and AMR schemes; 

Figs. 4A to 4C show control procedures for conversion of frame type from AMR to G.729A; 

Figs. 5A and 5B are flowcharts of processing by a power correction unit; 

Fig. 6 is a block diagram according to a second embodiment of the present invention; 
45 Fig. 7 is a block diagram according to a third embodiment of the present invention; 

Fig. 8 show control procedures for conversion of frame type from G.729A to AMR; 

Fig. 9 show control procedures for conversion of frame type from G.729A to AMR; 

Fig. 10 is a diagram useful in describing conversion control (AMR conversion control every eight frames) in a 
silence segment; 

50 Fig. 11 is a block diagram according to a fourth embodiment of the present invention; 

Fig. 12 is a block diagram of a speech transcoder according to the fourth embodiment; 

Figs. 13A and 13B are diagrams useful in describing transcoding control at a point where there is a change from 
speech activity to silence; 

Fig. 14 is a diagram useful in describing transcoding control at a point where there is a change from silence to 
55 speech activity; 

Fig. 15 is a diagram useful in describing prior art 1 (a tandem connection); 

Fig. 16 is a diagram useful in describing prior art 2; 

Fig. 17 is a diagram for describing prior art 2 in greater detail; 
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Fig. 1 B is a conceptual view of a silence compression function according to the prior art; 
Fig. 19 is a diagram illustrating the principle of a silence compression function according to the prior art; 
Fig. 20 is a processing block diagram of the silence compression function according to the prior art; 
Figs. 21 A and 21 B are processing flowcharts of the silence compression function according to the prior art; 
5 Figs. 22A and 22B are diagrams showing the structure of silence code according to the prior art; 

Fig. 23 is a diagram useful in describing DTX control according to G.729A; 

Fig. 24 is a diagram useful in describing DTX control (without hangover control) according to the AMR scheme in 
the prior art; 

Fig. 25 is a diagram useful in describing DTX control (with hangover control) according to the AMR scheme in the 
10 prior art; and 

Fig. 26 is a block diagram according to the prior art in a case where the silence compression function is provided. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

15 (A) Principle of the present invention 

[0050] Fig. 1 is a diagram useful in describing the principle of the present invention. It is assumed that encoding 
schemes based upon CELP (Code Excited Linear Prediction) such as AMR or G.729A are used as encoding scheme 
1 and encoding scheme 2, and that each encoding scheme has the above-described silence compression function. In 

20 Fig. 1 , an input signal xin is input to an encoder 51 a of encoding scheme 1 , whereupon the encoder 51a encodes the 
input signal and outputs code data bstl. At this time the encoder 51a of encoding scheme 1 executes speech activity 
/silence segment encoding in conformity with the decision (VAD_flag) rendered by a VAD unit 51b in accordance with 
the silence compression function. Accordingly, the code data bstl is composed of speech activity code or CN code. 
The code data bstl contains frame-type information Ftypel indicating whether this frame is a speech activity frame or 

25 an SID frame (or a non-transmit frame). 

[0051] A frame-type detector 52 detects the frame-type information Ftypel from the entered code data bstl and 
outputs the frame-type information Ftypel to a transcoding controller 53. The latter identifies speech activity segments 
and silence segments based upon the frame-type information Ftypel , selects appropriate transcoding processing in 
accordance with the result of identification and changes over control switches S1 , S2. 

30 [0052] If the frame-type information Ftypel indicates an SID frame, a silence-code transcoder 60 is selected. In the 
silence-code transcoder 60, the code data bstl is input to a code demultiplexer 61 , which demultiplexes the data into 
element CN codes of the encoding scheme 1 . The element CN codes enter each of CN code converters 62 1 to 62 n . 
The CN code converters 62., to 62 n transcode the element CN codes directly to respective ones of element CN codes 
of encoding scheme 2 without effecting decoding into CN signal. A code multiplexer 63 multiplexes the element CN 

35 codes obtained by the transcoding and inputs the multiplexed codes to a decoder 54 of encoding scheme 2 as silence 
code bst2 of encoding scheme 2. 

[0053] If the frame-type information Ftypel indicates a non-transmit frame, then transcoding processing is not exe- 
cuted. In such case the silence code bst2 contains only frame-type information indicative of the non-transmit frame. 
[0054] In a case where the frame-type information Ftypel indicates a speech activity frame . a speech transcoder 70 
40 constructed in accordance with prior art 1 or 2 is selected. The speech transcoder 70 executes speech transcoding 
processing in accordance with prior art 1 or 2 and outputs code data bst2 composed of speech code of encoding 
scheme 2. 

[0055] Thus, because frame-type information Ftypel is included in speech code, frame type can be identified by 
referring to this information. As a result, a VAD unit can be dispensed with in the speech transcoder and, moreover, 

45 erroneous decisions regarding speech activity segments and silence segments can be eliminated. 

[0056] Further, since CN code of encoding scheme 1 is transcoded directly to CN code of encoding scheme 2 without 
first being decoded to a decoded signal (CN signal), optimum CN information with respect to the input signal can be 
obtained on the receiving side. As a result, natural background noise can be reconstructed without sacrificing the effect 
of raising transmission efficiency by the silence compression function. 

50 [0057] Further, transcoding processing can be executed also with regard to SID frames and non-transmit frames in 
addition to speech activity frames. As a result, it is possible to transcode between different speech encoding schemes 
possessing a silence compression function. 

[0058] Further, transcoding between two speech encoding schemes having different silence / speech compression 
functions can be performed while maintaining the effect of raising transmission efficiency by the silence compression 
55 function and while suppressing a decline in quality and transmission delay. 
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(B) First embodiment 

[0059] Fig. 2 is a block diagram of a first embodiment of silence-transcoding according to the present invention. This 
illustrates an example in which AMR is used as encoding scheme 1 and G.729A as encoding scheme 2. In Fig. 2, an 

5 nth frame of channel data bst1 (n), i.e., channel data, enters a terminal 1 from an AMR encoder (not shown). The frame- 
type detector 52 extracts frame-type information Ftype1(n) contained in the channel data bst1(n) and outputs this 
information to the transcoding controller 53. Frame-type information Ftype(n) in the AMR scheme is of four kinds, 
namely speech activity frame (SPEECH), SID frame (SID_FIRST), SIDframe (SID_UPDATE) and non-transmit frame 
(NO_DATA) (see Figs. 24 and 25). The silence-code transcoder 60 exercises CN-transcoding control in accordance 

io with the frame-type information Ftypel (n). 

[0060] In CN-transcoding control, it is necessary to take into consideration the difference in frame lengths between 
AMR and G.729A. As shown in Fig. 3, the frame length in AMR is 20 ms whereas that in G.729A is 1 0 ms. Accordingly, 
conversion processing entails converting one frame (an nth frame) in AMR as two frames [mth and (m+1)th frames] 
in G.729A. Figs. 4A to 4C illustrate control procedures for making the transcoding from AMR to G.729A frame type. 

15 These procedures will now be described in order. 

(a) In case of Ftypel (n) = SPEECH (receipt of a speech activity frame) 

[0061] If Ftypel (n) = SPEECH holds, as shown in Fig. 4A, the control switches S1 , S2 in Fig. 2 are switched over 
20 to terminal 2 and transcoding processing is executed by the speech transcoder 70. 

(b) In case of Ftypel (n) = SIDJJPDATE (receipt of SID frame) 

[0062] Operation when Ftypel (n) = SIDJJPDATE holds will now be described. If one frame in AMR is an 
25 SIDJJPDATE frame, as shown in Fig. 4B, an mth frame in G.729A is set as an SID frame and CN-transcoding process- 
ing is executed. Specifically, the switches in Fig. 2 are switched to terminal 3 and silence-code transcoder 60 transcodes 
CN code bst1(n) in the AMR scheme to an mth frame of CN code bst2(m) in the G.729A scheme. Since SID frames 
are not set successively in the G.729A scheme, as described above with reference to Fig. 23, the (m+1)th frame, which 
is the next frame, is set as a non-transmit frame. The operation of each CN element code converter (LSP transcoder 
30 62 1 and frame power transcoder 62 2 ) will be described later. 

[0063] First, when the CN code bst1 (n) enters the code demultiplexer 61 , the latter demultiplexes the CN code bst1 
(n) into LSP code l_LSP1 (n) and frame power code l_POW1 (n), inputs l_LSP1 (n) to an LSP dequantizer 81 , which 
has a quantization table the same as that of the AMR scheme, and inputs l_POW1(n) to a frame power dequantizer 

91 , which has a quantization table the same as that of the AMR scheme. 

35 [0064] The LSP dequantizer 81 dequantizes the entered LSP code I _LSP1 (n) and outputs an LSP parameter LSP1 
(n) in the AMR scheme. That is, the LSP dequantizer 81 inputs the LSP parameter LSP1(n), which is the result of 
dequantization, to an LSP quantizer 82 as an LSP parameter LSP2(m) of an mth frame of the G.729A scheme. The 
LSP quantizer 82 quantizes LSP2(m) and outputs LSP code IJ_SP2(m) of the G.729A scheme. Though the LSP 
quantizer 82 may employ any quantization method, the quantization table used is the same as that used in the G.729A 

40 scheme. 

[0065] The frame power dequantizer 91 dequantizes the entered frame power code l_POW1(n) and outputs a frame 
power parameter POW1 (n) in the AM R scheme. The frame power parameters in the AM Rand G.729A schemes involve 
different signal domains when frame power is calculated, with the signal domain being the input signal in the AMR 
scheme and the LPC residual-signal domain in the G.729A scheme, as indicated in Table 1 . Accordingly, in accordance 
45 with a procedure described later, a frame power correction unit 92 corrects POW1 (n) in the AMR scheme to the LSP 
residual-signal domain in such a manner that it can be used in the G.729A scheme. The frame power correction unit 

92, whose input is POW1(n), outputs a frame power parameter POW2(m) in the G.729A scheme. A frame power 
quantizer 93 quantizes POW2(m) and outputs frame power code l_POW2(m) in the G.729A scheme. Though the frame 
power quantizer 93 may employ any quantization method, the quantization table used is the same as that used in the 

50 G.729A scheme. 

[0066] The code multiplexer 63 multiplexes L_LSP2(m) and l_POW2(n) and outputs the multiplexed signal as CN 
code bst2(m) in the G.729A scheme. 

[0067] The (m+1)th frame is set as a non-transmit frame and, hence, conversion processing is not executed with 
regard to this frame. Accordingly, bst2(m+1) includes only frame-type information indicative of the non-transmit frame. 

55 

(c) In case of Ftypel (n) = NOJDATA 

[0068] Next, if frame-type data Ftypel (n) = NOJDATA holds, both the mth and (m+1 )th frames are set as non-transmit 
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frames, as shown in Fig. 4C. In this case, transcoding processing is not executed and bst2(m), bst2(m+1 ) contain only 
frame-type information indicative of a non-transmit frame. 

(d) Method of correcting frame power 

[0069] Logarithmic power POW1 according to the G.729A scheme is calculated on the basis of the following equation: 

POW1 = 20log 10 E1 (1) 

where the following holds: 



E1 -J-^2.^(») (2) 



Here err(n) [(n = 0, N r 1 , N n : frame length (80 samples according to G.729A) represents the LPC residual signal. 
This is found in accordance with the following equation using the input signal s(n) (n = 0, — , N.,-1) and an LPC coefficient 
20 oti (i = 1, — , 10) obtained from s(n): 



25 



10 

err(n)~s(n) + ^a f s(n-i) (3) 



[0070] On the other hand, logarithmic power POW2 in the AMR scheme is calculated on the basis of the following 
equation: 

30 POW2 = log 2 E2 (4) 



^-ihrz^w (5) 



where N2 represents the frame length (160 samples) in the AMR scheme. 

[0071] As should be evident from Equations (2) and (5), the G.729A and AMR schemes use signals of different 
40 domains, namely residual err(n) and input signal s(n), in order to calculate the powers E1 and E2, respectively. Ac- 
cordingly, a power correction unit for making a conversion between the two is necessary. Though there is no single 
specific method of making this correction, the methods set forth below are conceivable. 



45 



•Correction from G.729A to AMR 

[0072] Fig. 5A illustrates the flow of processing for this correction. The first step is to find power E1 from logarithmic 
power POW1 in the G.729A scheme. This is done in accordance with the following equation: 

50 E1 = 10 <POW1/20> - (6) 

[0073] The next step is to generate a pseudo-LPC residual signal d_err(n) (n = 0, N-,-1) in accordance with the 
following equation so that power will become E1: 



55 



d_err(n) = E1-q(n) (7) 
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where q(n) (n = 0, — , N r 1) represents random noise in which power has been normalized to 1 . The signal d_err(n) is 
passed through an LPC synthesis filter to produce a pseudo-signal (input-signal domain) d_s(n) (n = 0, N r 1). 

10 

d _s(n) =■ d _err(ti) - ^ a.d_s(n - i) ( 8 ) 



where otj (i = 1 , — , 10) represents an LPC parameter in G.729A found from the LSP dequantized value. It is assumed 
10 that the initial value of d_s(-i) (i = 1 , — , 1 0) is 0. The power of d_s(n) is calculated and is used as power E1 in the AMR 
scheme. Accordingly, logarithmic power POW2 in AMR is found by the following equation: 



15 
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POW2 - lo & J-j- Yd _s(nf ( 9 ) 



20 -Correction from AMR to G.729A 

[0074] Fig. 5B illustrates the flow of processing for this correction. The first step is to find power E2 from logarithmic 
power POW2 in the AMR scheme. This is done in accordance with the following equation: 

E2=2 POW2 (10) 

[0075] The next step is to generate a pseudo-input signal d_s(n) (n = 0, — , N 2 -1) in accordance with the following 
equation so that power will become E2: 

d_s(n) = E2-q(n) (11) 



40 



45 



where q(n) represents random noise in which power has been normalized to 1 . The signal d_s(n) is passed through 
an LPC inversion synthesis filter to produce a pseudo-signal (LPC residual-signal domain) d_err(n) (n = 0, N2-I). 

10 

d jzrr(ri) *~d _s(n) + ^ cc s d_s(n -/) ( 12 ) 

where otj (i = 1 , — , 10) represents an LPC parameter in AMR found from the LSP dequantized value. It is assumed 
that the initial value of d_s(-i) (i = 1 , — , 10) is 0. The power of d_err(n) is calculated and is used as power E1 in the G. 
729A scheme. Accordingly, logarithmic power POW1 in G.729A is found by the following equation: 



POWl - 20 log 10 J-^- ^d^errinf (13) 



(e) Effects of the first embodiment 

[0076] In accordance with the first embodiment, as described above, LSP code and frame power code, which con- 
stituted the CN code in the AMR scheme, can be transcoded to CN code in the G.729A scheme. Further, by switching 
between the speech transcoder 70 and the silence-code transcoder 60, code data (speech activity code and silence 
code) from an AMR scheme having a silence compression function can be transcoded normally to code data of a G. 
729A scheme having a silence compression function without once decoding the code data to decoding speech. 
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(C) Second embodiment 

[0077] Fig. 6 is a block diagram of a second embodiment of the present invention, in which components identical 
with those of the first embodiment shown in Fig. 2 are designated by fike reference characters. As in the first embod- 
5 iment, the second embodiment adopts AM R as encoding scheme 1 and G.729A as encoding scheme 2. in this instance, 
conversion processing for a case where the frame type Ftype1(n) of the AMR scheme detected by the frame-type 
detector 52 is SID_FIRST is executed. 

[0078] In this case also where one frame in the AMR scheme is an SID_FIRST frame, conversion processing is 
executed upon setting the mth frame and (m+1)th frame of the G.729A scheme as an SID frame and non-transmit 
10 frame respectively, as shown in (b-2) of Fig. 4B, in a manner similar to the case where the AMR frame is an 
SIDJJPDATE frame [(b-1) in Fig. 4B] in the first embodiment. 

However, In the case of an SID_FIRST frame in the AMR scheme, it is necessary to take into account the fact that CN 
code is not being sent owing to hangover control, as described above with reference to Fig. 25. In other words, bst1 
(n) is not sent and therefore does not arrive. Therefore, with the composition of the first embodiment shown in Fig. 2, 

15 LSP2(m) and POW2(m), which are CN parameters in the G.729A scheme, cannot be obtained. 

[0079] Accordingly, in the second embodiment, these parameters are calculated using the last seven speech activity 
frames that were sent immediately before the SlD_FIRST frame. The conversion processing will now be described. 
[0080] As mentioned above LSP2(m) in the SID_FIRST frame is calculated as an average value of the last seven 
frames of LSP parameters OLD_LSP(1), (I = n-1 f n-7) output from the LSP dequantizer 4b n (see Fig. 17) of LSP code 

20 converter 4b in the speech transcoder 70. Accordingly, an LSP buffer unit 83 always holds the LSP parameters of the 
last seven frames with respect to the present frame, and an LSP average-value calculation unit 84 calculates and holds 
the average value of LSP parameters OLD_LSP(1), (I = n-1 , n-7) of the last seven frames. 

[0081 ] Similarly, POW2(m) also is calculated as an average value of the last seven frames of frame power OLD_POW 
(1), (I = n-1 , n-7). OLD_POW(1) is obtained as the frame power of a speech-source signal EX(1) produced by the gain 
25 code converter 4e (see. Fig.. 17) in speech transcoder 70. Accordingly, a power calculation unit 94 calculates frame 
power of the speech-source signal EX(1), a frame power buffer 95 always holds frame power OLD_POW(1) of the last 
seven frames with respect to the present frame, and a power average-value calculation unit 96 calculates and holds 
the average value of frame power OLD_POW(1) of the last seven frames. 

[0082] If the frame type in a silence segment is not SID_FIRST, the LSP quantizer 82 and frame power quantizer 93 
30 are so notified by the transcoding controller 53 and therefore obtain and output the LSP code l_LSP2(m) and frame 
power code l_POW2(m) using the LSP parameter and frame power parameter output from the LSP dequantizer 81 
and frame power dequantizer 91 . 

[0083] However, if the frame type in a silence segment is SID_FIRST, i.e., if Ftypel (n) = SID_FIRST holds in a silence 
segment, this is reported by the transcoding controller 53. In response, the LSP quantizer 82 and frame power quantizer 
35 93 obtain and output the LSP code l_LSP2(m) and frame power code l_POW2(m), respectively, of the G.729A scheme 
using the average LSP parameter and average frame power parameter of the last seven frames being held by the LSP 
average- value calculation unit 84 and power average-value calculation unit 96, respectively. 

[0084] The code multiplexer 63 multiplexes the LSP code l_LSP2(m) and frame power code l_POW2(m) and outputs 
the multiplexed signal as bst2(m). 
*o [0085] Further, conversion processing is not executed with regard to the (m+1)th frame and only frame-type infor- 
mation indicative of a non-transmit frame is included in bst2(m+1) and sent. 

[0086] Thus, in accordance with the second embodiment, as described above, even if CN code to be transcoded is 
not obtained owing to hangover control in the AMR scheme, a CN parameter is obtained utilizing speech parameters 
of past speech activity frames and CN code according to G.729A can be produced. 

45 

(C) Third embodiment 

[0087] Fig. 7 is a block diagram of a third embodiment of the present invention, in which components identical with 
those of the first embodiment are designated by like reference characters. The third embodiment illustrates an example 

50 in which G.729A is used as encoding scheme 1 and AMR as encoding scheme 2. In Fig77, an mth frame of channel 
data, bst1(m) i.e., speech code, enters terminal 1 from a G.729A encoder (not shown). The frame-type detector 52 
extracts frame-type information Ftype(m) contained in bst1 (m) and outputs this information to the transcoding controller 
53. Frame-type information Ftype(m) in the G.729A scheme is of three kinds, namely speech activity frame (SPEECH), 
SID frame (SID) and non-transmit frame (NOJ3ATA) (see Fig. 23). The transcoding controller 53 changes over the 

55 switches S1 , S2 upon identifying speech activity segments and silence segments based upon frame type. 

[0088] The silence-code transcoder 60 executes CN-transcoding processing in accordance with frame-type infor- 
mation Ftype(m) in a silence segment. Accordingly, it is necessary to take into consideration the difference in frame 
lengths between AMR and G.729A, just as in the first embodiment. That is, two frames [mth and (m+1)th frames] in 
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G.729A are converted as one frame (an nth frame) in AMR. In the conversion from G.729A to AMR, it is necessary to 
control conversion processing taking the difference of DTX control into consideration. 

[0089] If Ftype1(m), Ftypet (m+1) are both speech activity frames (SPEECH), as shown in Fig. 8, the nth frame in 
the AMR scheme also is set as a speech activity frame. In other words, the control switches SI , S2 in Fig. 7 are switched 
5 to terminals 2, 4, respectively, and the speech transcoder 70 executes transcoding of speech code in accordance with 
prior art 2. 

[0090] Further, if Ftypet (m), Ftypet (m+1) are both non-transmit frames (NO_DATA), as shown in Fig. 9, the nth 
frame in the AMR scheme also is set as a non-transmit frame and transcoding processing is not executed, in other 
words, the control switches St , S2 in Fig. 7 are switched to terminals 3, 5, respectively, and the code multiplexer 63 
10 output only frame-type information in the non-transmit frame. Accordingly, only frame-type Information indicative of the 
non-transmit frame is included in bst2(n). 

[0091] A method of converting CN code in a silence segment as shown in Fig. 10 will now be described. Fig. 10 
illustrates the temporal flow of the CN transcoding method in a silence segment. In the silence segment, the switches 
S1 , S2 of Fig. 7 are switched to terminals 3, 5, respectively, and the silence-code transcoder 60 executes processing 
15 for transcoding CN code. It is necessary to take the dissimilarity in DTX control between the G.729A and AMR schemes 
into account in this transcoding processing. Control for transmitting an SID frame in G.729A is adaptive, andSlDframes 
are set at irregular intervals in dependence upon a fluctuation in the CN information (silence signal). In the AMR scheme, 
on the other hand, an SID frame (SID_UPDATE) is set periodically, i.e., every eight frames. In the silence segment, 
therefore, as shown in Fig. 10, transcoding is made to an SID frame (SID_UPDATE) every eight frames (which corre- 
ct? sponds to 16 frames in the G.729A scheme) in conformity with the AMR scheme, to which the transcoding is to be 
made, irrespective of the frame type (SID or NO_DATA) of the G.729A scheme from which the transcoding is made. 
Further, the transcoding is performed in such a manner that the other seven frames make up non-transmit frame 
(NO_DATA). 

[0092] More specifically, in the transcoding to an SIDJJPDATE frame of an nth frame in the AMR scheme in Fig. 
25 1 0, an average value is found f rom CN parameters of SID frames received over the last 1 6 frames [(m-1 4)th, (m+1 ) 
th frames] (which correspond to eight frames in the AMR scheme) inclusive of the present frames [mth, (m+1 )th frames], 
and the transcoding is made to a CN parameter of the SIDJJPDATE frame in the AMR scheme. The transcoding 
processing will be described with reference to Fig. 7. 

[0093] If an SID frame in the G.729A scheme is received in a kth frame, the code demultiplexer 61 demultiplexes 
30 CN code bst1 (k) into LSP code IJ-SP1 (k) and frame power code l_POW1 (k), inputs l_LSP1 (k) to the LSP dequantizer 
81 , which has the same quantization table as that of the G.729A scheme, and inputs l_POW1(k) to the frame power 
dequantizer 91 having the same quantization table as that of the G.729A scheme. The LSP dequantizer 81 dequantizes 
the LSP code l_LSP1 (k) and outputs an LSP parameter LSP1 (k) in the G.729A scheme. The frame power dequantizer 
91 dequantizes the frame power code l_POW1(k) and outputs a frame power parameter POW1(k) in the G.729A 
35 scheme. 

[0094] The frame power parameters in the G.729A and AMR schemes involve different signal domains when frame 
power is calculated, with the signal domain being the LPC residual-signal domain in the G.729A scheme and the input 
signal in the AMR scheme, as indicated in Table 1 . Accordingly, the frame power correction unit 92 effects a correction 
to the input-signal domain in such a manner that the parameter POW1 (k) of the LSP residual-signal domain in G.729A 
40 can be used in the AMR scheme. As a result, the frame power correction unit 92, whose input is POW1 (k), outputs a 
frame power parameter POW2(k) in the AMR scheme. 

[0095] The parameter LSP1 (k), POW2(k) found are input to buffers 85, 97, respectively. The CN parameters of SID 
frames received over the last 16 frames (k = m-14, — , m+1) are held by the buffers 85 : 97. If an SID frame is not 
received over the last 16 frames, the CN parameter of the SID frame that was received last is used. 

45 [0096] Average-value calculation units 86, 98 calculate average values of the data held by the buffers 85, 97, re- 
spectively, and output these average values as CN parameters LSP2(n), POW2(n), respectively in the AMR scheme. 
The LSP quantizer 82 quantizes LSP2(n) and outputs LSP code l_LSP2(n) of the AMR scheme. Though the LSP 
quantizer 82 may employ any quantization method, the quantization table used is the same as that used in the AMR 
scheme. The frame power quantizer 93 quantizes POW2(n) and outputs frame power code l_POW2(n) of the AMR 

50 scheme. Though the frame power quantizer 93 may employ any quantization method, the quantization table used is 
the same as that used in the AMR scheme. The code multiplexer 63 multiplexes l_LSP2(n) and l_POW2(n), adds on 
frame-type information (= U) and outputs the result as bst2(n). 

[0097] As described above, the third embodiment is such that if, in a silence segment, processing for transcoding of 
CN code is executed periodically in conformity with DTX control in the AMR scheme, to which the transcoding is to be 
55 made, irrespective of the frame type in the G.729A scheme from which the transcoding is made, then the average 
value of CN parameters in the G.729A scheme received until transcoding processing is executed is used as the CN 
parameter of the AMR scheme, thereby making it possible to produce CN code in the AMR scheme. 
[0098] Further, by switching between a speech transcoder and CN code converter, code data (speech activity code 
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and silence code) from a G.729A scheme having a silence compression function can be transcoded normally to code 
data of an AMR scheme having a silence compression function without once decoding the code data to decoding 
speech. 

5 (E) Fourth embodiment 

[0099] Fig. 11 is a block diagram of a fourth embodiment of the present invention, in which components identical 
with those of the third embodiment shown in Fig. 7 are designated by like reference characters. Fig. 12 is a block 
diagram of the speech transcoder 70 according to the fourth embodiment. As in the third embodiment, the fourth 
10 embodiment adopts G.729A as encoding scheme 1 and AMR as encoding scheme 2. In this instance, processing for 
transcoding CN code at a point where there is a change from a speech activity segment to a silence segment is 
executed. 

[0100] Figs. 13A and 13B illustrate the temporal flow of the transcoding control method. In a case where mth and 
(m+1)th frames in the G.729A scheme are speech activity and SID frames, respectively, this indicates a point at which 
15 there is a change from a speech activity segment to a silence segment. In AMR, hangover control is carried out at this 
point of change. Furthermore, if the number of elapsed frames from the last time processing for transcoding to an 
SID_UPDATE frame was executed to the frame at which the segment changes is 23 or less, hangover control is not 
carried out. A case where the number of elapsed frames exceeds 23 and hangover control is performed will now be 
described. 

20 [01 01] In a case where hangover control is carried out, it is required that seven frames [nth, (n+6)th frames] from 
the frame at the point of change be set as speech activity frames despite the fact that these are silence frames. Ac- 
cordingly, as shown in Fig. 1 3A, transcoding processing is executed in conformity with DTX control in the AMR scheme, 
to which the transcoding is to be made, considering (m+1 )th to (m+1 3)th frames in the G.729A scheme as being speech 
activity frames despite the fact that these are silence frames (SID or non-transmit frames). This transcoding processing 

25 will be described with reference to Figs. 11 and 12. 

[0102] In order to effect trancoding from a G.729A speech activity frame to an AMR speech activity frame at the point 
where there is a change from a speech activity segment to a silence segment, only transcoding processing is executed 
jjsing the speech transcoder 70. From the point of change onward, however, the G.729A side cannot obtain G.729A 
speech parameters (LSP, pitch lag, algebraic code, pitch gain and algebraic code gain), which constitute the input to 

30 speech transcoder 70, because the frames will be silence frames. Accordingly, as shown in Fig. 12, CN parameters 
LSP1(k), POW1(k) (k<n) last received by the silence-code transcoder 60 are substituted for LSP and algebraic code 
gain, and a pitch lag generator 101, algebraic code generator 102 and pitch gain generator 103 generate the other 
parameters [pitch lag lag(m), pitch gain Ga(m) and algebraic code code(m)] freely to a degree that will not result in 
acoustically unnatural effects. As for the method of generation, these other parameters may be generated randomly 

35 or based upon fixed values. With regard to pitch gain, however, it is desired that the minimum value (0.2) be set. 

[0103] Operation of the speech transcoder 70 in a speech activity segment and when there is a changeover from a 
speech activity segment to a silence segment will now be described. 

[0104] In a speech activity segment, a code demultiplexer 71 demultiplexes input speech code of G.729A into LSP 
code IJ_SP1(m), pitch-lag code l_LAG1(m), algebraic code LCODE1(m) and gain code l_GAIN1(m), and inputs these 
40 codes to an LSP dequantizer 72a : pitch-lag dequantizer 73a, algebraic code dequantizer 74a and gain dequantizer 
75a, respectively. Further, in the speech activity segment, changeover units 77a to 77e select outputs from the LSP 
dequantizer 72a, pitch-lag dequantizer 73a, algebraic code dequantizer 74a and gain dequantizer 75a in accordance 
with a command from the transcoding controller 53. 

[0105] The LSP dequantizer 72a dequantizes LSP code in the G.729A scheme and outputs an LSP dequantized 
45 value LSP, and an LSP quantizer 72b quantizes this LSP dequantized value using an LSP quantization table according 
to the AMR scheme and outputs LSP code l_LSP2(n). The pitch-lag dequantizer 73a dequantizes pitch-lag code in 
the G.729A scheme and outputs a pitch-lag dequantized value lag, and a pitch-lag quantizer 73b quantizes this pitch- 
lag dequantized value using a pitch-lag quantization table according to the AMR scheme and outputs pitch-lag code 
IJ_AG2(n). The algebraic code dequantizer 74a dequantizes algebraic code in the G.729A scheme and outputs an 
50 algebraic-code dequantized value code, and an algebraic code quantizer 74b quantizes this algebraic-code dequan- 
tized value using an algebraic-code quantization table according to the AMR scheme and outputs algebraic code 
i_CODE2(n). The gain dequantizer 75a dequantizes gain code in the G.729A scheme and outputs an algebraic-gain 
dequantized value Ga and an algebraic-gain dequantized value Gc, and a pitch-gain quantizer 75b quantizes this pitch- 
gain dequantized value Ga using a pitch-gain quantization table according to the AMR scheme and outputs pitch-gain 
55 code l_GAIN2a(n). Further, an algebraic-gain quantizer 75c quantizes the algebraic-gain dequantized value Gc using 
a gain quantization table according to the AMR scheme and outputs algebraic gain code l_(3AIN2c(n). 
[0106] A code multiplexer 76 multiplexes the LSP code, pitch-lag code, algebraic code, pitch-gain code and algebraic 
gain code, which are output from the quantizers 72b to 75b and 75c, adds on frame-type information (= S) to create 
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speech code according to the AMR scheme, and transmits this code. 

[0107] The foregoing operation is repeated in the speech activity segment to convert G.729A speech code to AMR 
speech code and output the same. 

[0108] When there is a changeover from a speech activity segment to a silence segment, operation is as follows if 
5 hangover control is carried out: In accordance with a command from the transcoding controller 53, the changeover 
unit 77a selects the LSP parameter LSP1 (k) obtained from the LSP code last received by the silence-code transcoder 
60 and inputs this parameter to the LSP quantizer 72b. Further, the changeover unit 77b selects the pitch lag parameter 
lag(m) generated by pitch lag generator 101 and inputs this parameter to the pitch-lag quantizer 73b. Further, the 
changeover unit 77c selects the algebraic code parameter code(m) generated by the algebraic code generator 102 
10 and inputs this code to the algebraic code quantizer 74b. Further, the changeover unit 77d selects the pitch gain 
parameter Ga(m) generated by the pitch gain generator 103 and inputs this parameter to the pitch-gain quantizer 75b. 
Further, the changeover unit 77e selects the frame power parameter POW1(k) obtained from the frame power code 
l_POW1 (k) last received by the silence-code transcoder 60 and inputs this parameter to the algebraic-gain quantizer 
75c. 

15 [0109] The LSP quantizer 72b quantizes the LSP parameter LSP1(k), which has entered from the silence-code 
transcoder 60 via the changeover unit 77a, using the LSP quantization table of the AMR scheme, and outputs LSP 
code l_LSP2(n). The pitch-lag quantizer 73b quantizes the pitch-lag parameter, which has entered from the pitch lag 
generator 101 via the changeover unit 77b, using a pitch-lag quantization table according to the AMR scheme and 
outputs pitch-lag code IJ_AG2(n). The algebraic quantizer 74b quantizes the algebraic-code parameter, which has 

20 entered from the algebraic code generator 1 02 via the changeover unit 77c, using an algebraic-code quantization table 
according to the AMR scheme and outputs algebraic code l_CODE2(n). The pitch-gain quantizer 75b quantizes the 
pitch -gain parameter, which has entered from the pitch gain generator 1 03 via the changeover unit 77d, using a pitch- 
gain quantization table according to the AMR scheme and outputs pitch-gain code \_GA\N2a(n). The algebraic-gain 
quantizer 75c quantizes the frame power parameter POW1 (k), which has entered from the silence-code transcoder 

25 60 via the changeover unit 77e, using an algebraic gain quantization table and outputs algebraic gain code l_GA!N2c(n). 
[01 1 0] The code multiplexer 76 multiplexes the LSP code, pitch-lag code, algebraic code, pitch-gain code and alge- 
braic gain code, which are output from the quantizers 72b to 75b and 75c, adds on frame-type information (= S) to 
create speech code according to the AMR scheme, and transmits this code. 

[01 1 1 ] At the point of change from a speech activity segment to a silence segment, the speech transcoder 70 repeats 
30 the above operation until seven frames of speech activity code in the AMR scheme are transmitted. When the trans- 
mission of seven frame of speech activity code is completed, the speech transcoder 70 halts the output of speech 
activity code until the next speech activity segment is detected. 

[0112] When the transmission of seven frames of speech activity code is completed, the switches S1 , S2 in Fig. 11 
are switched over to the terminals 3, 5, respectively, under the control of the transcoding controller 53, and CN-trans- 

35 coding processing is thenceforth executed by the silence-code transcoder 60. 

[0113] As shown in Fig. 13A, it is required that the (m+14)th and (m+15)th frames [the (n+7)th frame on the AMR 
side] that follow hangover be set as SlD_FlRST frames in conformity with DTX control in the AMR scheme. However, 
transmission of a CN parameter is unnecessary and, hence, the code multiplexer 63 incorporates only information 
representing the SlD_FIRST frame type in bst2(n+7) and outputs the same. CN transcoding is thenceforth executed 

40 in a manner similar to that of the third embodiment shown in Fig. 7. 

[0114] The foregoing is CN transcoding in a case where hangover control is carried out. However, hangover control 
is not carried out in a case where the number of elapsed frames from the last time processing for conversion to an 
SID_UPDATE frame was executed to the frame at which the segment changes is 23 or less. The method of control in 
this case where hangover control is not performed will be described with reference to Fig. 13B. 

45 [01 1 5] The mth and (m+1 )th frames, which are the boundary frames between a speech activity segment and a silence 
segment, are transcoded to speech activity frames in the AMR scheme and output by the speech transcoder 70 in a 
manner similar to that when hangover control was performed. * 

[0116] The ensuing (m+2)th and (m+3)th frames are transcoded to SIDJJPDATE frames. 

[01 1 7] Further, for frames from the (m+4)th frame onward, a method identical with the transcoding method employed 

50 jn the silence segment described in the third embodiment is used. 

[01 1 8] The CN transcoding method at the point of change from a silence segment to a speech activity segment will 
now be described. Fig. 14 illustrates the temporal flow of this conversion control method. In a case where the mth 
frame in the G.729A scheme is a silence frame (SID frame or non-transmit frame) and the (m+1)th frame is a speech 
activity frame, this indicates a point at which there is a change from a silence segment to a speech activity segment. 

55 in this case, the nth frame in the AMR scheme is transcoded as a speech activity frame in order to prevent muted 
speech at the beginning of an utterance (i.e., disappearance of the rising edge of speech). Accordingly, the mth frame 
in the G.729A scheme, which is a silence frame, is transcoded as a speech activity frame. This transcoding method 
is the same as that used at the time of hangover, with the speech transcoder 70 making the transcoding to a speech 
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activity frame in the AMR scheme and outputting this frame. 

[0119] Thus, as described above, in accordance with this embodiment, if it is necessary to transcode a G.729A 
silence frame to an AMR speech activity frame at a point where a speech activity segment changes to a silence segment, 
a G.729A CN parameter is substituted for an AMR speech activity parameter, whereby a speech activity code in the 

5 AMR scheme can be produced. 

[0120] In accordance with thepresent invention, which concerns communication between two speech communication 
systems having silence encoding methods that differ from each other, silence code (CN code), which has been obtained 
by encoding according to a silence encoding method on the transmitting side, can be transcoded to silence code (CN 
code) that conforms to a silence encoding method on the receiving side without once decoding the CN code to a CN 

10 signal. This makes it possible to achieve a high-quality transcoding to silence code. 

[0121] Further, in accordance with the present invention, silence code (CN code) on the transmitting side can be 
transcoded to silence code (CN code) on the receiving side taking into account differences in frame length and in DTX 
control between the transmitting and receiving sides. This makes it possible to achieve a high-quality transcoding to 
silence code. 

15 [0122] Further, in accordance with the present invention, normal code transcoding processing can be executed not 
only with regard to speech activity frames but also with regard to SID and non-transmit frames based upon a silence 
compression function. As a result, it is possible to perform transcoding between speech encoding schemes having a 
silence compression function, which was difficult to achieve with the speech transcoders of the prior art. 
[0123] Further, in accordance with the present invention, speech transcoding between different communication sys- 

20 terns can be performed while maintaining the effect of raising transmission efficiency by the silence compression func- 
tion and while suppressing a decline in quality and transmission delay. Since almost all speech communication systems 
beginning with VoIP and cellular telephone systems employ the silence compression function, the effects of the present 
invention are great. 

[0124] As many apparently widely different embodiments of the present invention can be made without departing 
25 from the spirit and scope thereof, it is to be understood that the invention is not limited to the specific embodiments 
thereof except as defined in the appended claims. 



Claims 

30 

1. A speech transcoding method for transcoding a first speech code, which is obtained by encoding an input signal 
by a first speech encoding scheme, to a second speech code of a second speech encoding scheme, comprising 
a step of transcoding a first silence code, which has been obtained by encoding a silence signal contained in the 
input signal by a silence compressing function of the first speech encoding scheme to a second silence code of 

35 the second speech encoding scheme without decoding the first silence code to a silence signal. 

2. A speech transcoding method for transcoding a first speech code, which is obtained by encoding an input signal 
by a first speech encoding scheme, to a second speech code of a second speech encoding scheme, comprising 
the steps of: 

40 

demultiplexing a first silence code, which has been obtained by encoding a silence signal contained in the 
input signal by a silence compression function of the first speech encoding scheme, into a plurality of first 
element codes; 

transcoding the plurality of first element codes to a plurality of second element codes that constitute a second 
silence code; and 

multiplexing the plurality of second element codes, which have been obtained by the transcoding, to thereby 
output the second silence code. 

The method according to claim 2, wherein the first element codes are codes obtained by splitting the silence signal 
into frames comprising a fixed number of samples, and quantizing characteristic parameters, which represent 
characteristics of the silence signal obtained by analysis frame by frame, using quantization tables specific to the 
first speech encoding scheme; and 

the second element codes are codes obtained by quantizing said characteristic parameters using quantiza- 
tion tables specific to the second speech encoding scheme. 

55 

4. The method according to claim 3, wherein the characteristic parameters are an LPC (line prediction coefficient), 
which represents the approximate shape of a frequency characteristic of the silence signal, and frame signal power 
representing an amplitude characteristic of the silence signal. 
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The method according to claim 2, wherein said step of converting the plurality of first element codes to a plurality 
of second element codes includes the steps of: 

dequantizing the plurality of first element codes by dequantizers having quantization tables identical with those 
of the first speech encoding scheme; and 

quantizing the dequantized values of the plurality of first element codes, which have been obtained by the 
dequantization, by quantizers having quantization tables identical with those of the second speech encoding 
scheme. 

A speech code transcoding method in a speech communication system for adopting a fixed number of samples 
of an input signal as a frame and mixing and transmitting, from a transmitting side, first speech code obtained by 
encoding a speech signal frame by frame in a speech activity segment according to a first speech encoding scheme 
and first silence code obtained by encoding a silence signal frame by frame in a silence segment according to a 
first silence encoding scheme, transcoding the first speech code and the first silence code to a second speech 
code according to a second speech encoding scheme and a second silence code according to a second silence 
encoding scheme, respectively, mixing the second speech code and second silence code, which have been ob- 
tained by the transcoding, and transmitting the mixed codes to a receiving side, said method comprising the steps 
of: 

in the silence segment, transmitting silence code only in predetermined frames and refraining from transmitting 
silence code in frames other than the predetermined frames; 

attaching frame-type information, which indicates a distinction among a speech activity frame, a silence frame 
and a non-transmit frame in which code is not transmitted, to each frame; 
identifying the type of frame based upon the frame-type information; and 

in case of a silence frame and non-transmit frame, transcoding the first silence code to the second silence 
code taking into consideration a difference in frame length and a dissimilarity in silence-code transmission 
control between the first and second silence encoding schemes. 

The method according to claim 6, further comprising the following steps: 

when (1) the first silence encoding scheme is a scheme for transmitting averaged silence code every prede- 
termined number of frames in a silence segment and refraining from transmitting silence code in other frames, 
(2) the second silence encoding scheme is a scheme for transmitting silence code only in frames wherein rate 
of change of the silence signal in a silence segment is large, refraining from transmitting silence code in other 
frames and, moreover, refraining from transmitting silence code successively, and (3) frame length in the first 
silence encoding scheme is twice frame length in the second silence encoding scheme; 
transcoding code of a non-transmit frame in the first silence encoding scheme to code of two non-transmit 
frames in the second silence encoding scheme; and 

transcoding code of a silence frame in the first silence encoding scheme to two frames of code which consists 
of code of a silence frame and code of a non-transmit frame, in the second silence encoding scheme. 

The method according to claim 7, wherein if, when there is a change from a speech activity segment to a silence 
segment, the first silence encoding scheme regards n successive frames, inclusive of a frame at a point where 
the change occurred, as speech activity frames and transmits speech code in these frames, and adopts the next 
frame as an initial silence frame that is not inclusive of silence code and transmits only frame-type information in 
this frame, then: 

when the initial silence frame in the first silence encoding scheme has been detected, dequantized values 
obtained by dequantizing speech code of the immediately preceding n speech activity frames in the first speech 
encoding scheme are averaged to obtain an average value, and the average value is quantized to thereby 
obtain silence code in a silence frame of the second silence encoding scheme. 

The method according to claim 6, further comprising the following steps: (1 ) when the first silence encoding scheme 
is a scheme for transmitting silence code only in frames wherein rate of change of the silence signal in a silence 
segment is large, refraining from transmitting silence code in other frames and, moreover, refraining from trans- 
mitting silence code successively, (2) the second silence encoding scheme is a scheme for transmitting averaged 
silence code every predetermined number N of frames in a silence segment and refraining from transmitting silence 
code in other frames, and, moreover, (3) frame length in the first silence encoding scheme is half frame length in 
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the second silence encoding scheme; 

averaging dequantized values of each silence code in 2 x N successive frames of the first silence encoding 
scheme to obtain an average value and quantizing the average value to obtain silence code in a frame every N 
frames in the second silence encoding scheme; and 
5 with regard to frames other than the frame every N frames, transcoding code information of two successive 

frames of the first silence encoding scheme to code information of one non-transmit frame of the second silence 
encoding scheme irrespective of frame type. 

10. The method according to claim 9, further comprising the following steps if, when there is a change from a speech 
10 activity segment to a silence segment, the second silence encoding scheme regards n successive frames, inclusive 

of a frame at a point where the change occurred, as speech activity frames and transmits speech code in these 
frames, and adopts the next frame as an initial silence frame that is not inclusive of silence code and transmits 
frame-type information in this frame; 

generating first dequantized values of a plurality of element codes by dequantizing silence code of each 

15 silence frame in the first silence encoding scheme and, at the same time, generating second dequantized values 

of other element codes that are predetermined or random; 

making transcoding to one frame of speech code in the second speech encoding system by quantizing each 
of said first and second dequantized values of the element codes in two successive frames using quantization 
tables of the second speech encoding scheme; and 

20 after n frames of speech code of the second speech encoding scheme are output, transmitting only frame- 

type information of said initial silence frame, which is not inclusive of silence code. 

1 1 . A speech transcoding apparatus for transcoding a first speech code, which is obtained by encoding an input signal 
by a first speech encoding scheme, to a second speech code of a second speech encoding scheme, comprising: 

25 

a code demultiplexer for demultiplexing a first silence code, which has been obtained by encoding a silence 
signal contained in the input signal by a silence compression function of the first speech encoding scheme, 
into a plurality of first element codes; 

element-code converters for transcoding the plurality of first element codes to a plurality of second element 
30 codes that constitute a second silence code; and 

a code multiplexer for multiplexing the second element codes, which have been obtained by said element- 
code converters, to thereby output the second silence code. 

12. The apparatus according to claim 11, wherein the first element codes are code obtained by splitting the silence 
35 * signal into frames comprising a fixed number of samples, and quantizing characteristic parameters, which repre- 
sent characteristics of the silence signal obtained by analysis frame by frame, using quantization tables specific 
to the first speech encoding scheme; and 

the second element codes are code obtained by quantizing said characteristic parameters using quantization 
tables specific to the second speech encoding scheme. 



40 



13. The apparatus according to claim 11 , wherein each of said element-code converters includes: 



a dequantizerfor dequantizing the first element code based upon a quantization table identical with that of the 
first speech encoding scheme; and 
45 a quantizer for quantizing a dequantized value of the first element code, which has been obtained by said 

dequantizer, based upon a quantization table identical with that of the second speech encoding scheme. 

14. A speech transcoding apparatus in a speech communication system for adopting a fixed number of samples of 
an input signal as a frame and mixing and transmitting, from a transmitting side, first speech code obtained by 

so encoding a speech signal frame by frame in a speech activity segment according to a first speech encoding scheme 

and first silence code obtained by encoding a silence signal frame by frame in a silence segment according to a 
first silence encoding scheme, transcoding the first speech code and the first silence code to a second speech 
code according to a second speech encoding scheme and a second silence code according to a second silence 
encoding scheme, respectively, and transmitting the second speech code and second silence code, which have 

55 been obtained by the transcoding, to a receiving side, said apparatus comprising: 

a frame-type identification unit for identifying distinction among a speech activity frame, a silence frame and 
a non-transmit frame in which silence code is not transmitted, based upon frame-type information that has 
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been attached to each frame; 

a silence-code transcoder for transcoding the first silence code in a silence frame to the second silence code 
by dequantizing the first silence code based upon a quantization table identical with that of the first silence 
encoding scheme and quantizing the dequantized value, which has thus been obtained, based upon a quan- 
5 tization table identical with that of the second silence encoding scheme; and 

a transcoding controller for controlling said silence-code transcoder taking into consideration a difference in 
frame length and a dissimilarity in silence-code transmission control between the first and second silence 
encoding schemes. 

10 15. The apparatus according to claim 14, wherein when (1) the first silence encoding scheme is a scheme for trans- 
mitting averaged silence code every predetermined number of frames in a silence segment and refraining from 
transmitting silence code in other frames, (2) the second silence encoding scheme is a scheme for transmitting 
silence code only in frames wherein rate of change of the silence signal in a silence segment is large, refraining * 
from transmitting silence code in other frames and, moreover, refraining from transmitting silence code succes- 

15 sively, and, moreover, (3) frame length in the first silence encoding scheme is twice frame length in the second 

silence encoding scheme, said silence-code transcoder transcodes code of a non-transmit frame in the first silence , 
encoding scheme to code of two non-transmit frames in the second silence encoding scheme, and transcodes 
code of a silence frame in the first silence encoding scheme to two frames of code which consists of code of a 
silence frame and code of a non-transmit frame, in the second silence encoding scheme. 

20 

16. The apparatus according to claim 15, wherein if, when there is a change from a speech activity segment to a 
silence segment, the first silence encoding scheme, regards n successive frames, inclusive of a frame at a point 
where the change occurred, as speech activity frames and transmits speech code in these frames, and adopts 
the next frame as an initial silence frame that is not inclusive of silence code and transmits only frame-type infor- 
ms mation in this frame, then said silence-code transcoder includes: 

a bufferfor holding dequantized values obtained by dequantizing the latest n speech activity frames in the first 
speech encoding scheme; 

an average-value calculation unit for averaging n dequantized values, which are held by said buffer, to obtain 
30 an average value; and 

a quantizer for quantizing the average value when the initial silence frame has been detected; 

said silence-code transcoder outputting silence code in the second silence encoding scheme based upon an 

output from said quantizer. 

35 17. The apparatus according to claim 14, wherein (1) when the first silence encoding scheme is a scheme for trans- 
mitting silence code only in frames wherein rate of change of the silence signal in a silence segment is large, 
refraining from transmitting silence code in other frames and, moreover, refraining from transmitting silence code 
successively, (2) the second silence encoding scheme is a scheme for transmitting averaged silence code every 
predetermined number N of frames in a silence segment and refraining from transmitting silence code in other 

40 frames, and. moreover, (3) frame length in the first silence encoding scheme is half frame length in the second 

silence encoding scheme, said silence-code transcoder includes: 

a buffer for holding dequantized values of each silence code in 2 x N successive frames of the first silence 
encoding scheme; 

45 an average-value calculation unit for calculating an average value of the dequantized values held by said buffer; 

a quantizer for quantizing the average value to make transcoding to silence code every N frames in the second 
silence encoding scheme; and 

means which, with regard to frames other than a frame every N frames, is for transcoding code of two suc- 
cessive frames of the first silence encoding scheme to code of one non-transmit frame of the second silence 
so encoding scheme irrespective of frame type. 

18. The apparatus according to claim 17, wherein if, when there is a change from a speech activity segment to a 
silence segment, the second silence encoding scheme regards n successive frames, inclusive of a frame at a point 
where the change occurred, as speech activity frames and transmits speech code in these frames, and adopts 
55 the next frame as an initial silence frame that is not inclusive of silence code and transmits only frame-type infor- 

mation in this frame, said silence-code transcoder includes: 

a dequantizer for generating first dequantized values of a plurality of element codes by dequantizing silence 
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code of each silence frame in the first silence encoding scheme; and 

means for generating second dequantized values of a plurality of element codes that are predetermined or 
random every frame; 

said silence-code transcoder making transcoding to and outputting one frame of speech code in the second 
5 speech encoding scheme by quantizing each of the first and second dequantized values of the element codes 

in two successive frames using quantization tables of the second speech encoding scheme, and, after n frames 
of speech code of the second speech encoding scheme are output, transmitting only frame-type information 
of said initial silence frame, which is not inclusive of silence code. 
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